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TIME-FREQUENCY ANALYSIS WITH TEMPORAL AND SPECTRAL RESOLUTION 
AS THE HUMAN AUDITORY SYSTEM 
Finn T. Agerkvist 
The Acoustics Laboratory, Technical University of Denmark, Building 352 
DK-2800 Lyngby, Denmark 
The human perception of sound is an 
obvious area for application of simultaneous 
time-frequency analysis since the ear is selective 
in both domains. A perfect reconstruction filter 
bank with bandwidths approximating the critical 
bands is presented. The orthogonality of the 
filters makes it possible to examine the masking 
effect with realistic signals. 
The tree structure of the filter bank 
makes it difficult to get well attenuated stop- 
bands, but the use of filters of different length 
solves this problem. 
1. INTRODUCTION 
Extensive work on the understanding of 
the perception of sound by man has shown that 
the human auditory system is selective in both 
time and frequency. However, most work in the 
field has concentrated on examining either the 
temporal or the spectral resolution only, this has 
been partly due to the necessity of reducing the 
complexity of the investigations and partly due 
to the lack of a established tool for simultaneous 
time and frequency analysis. In the last years 
simultaneous time and frequency analysis has 
received much attention and a promising appli- 
cation of this analysis seems to be in the field of 
understanding and modelling the human ear. 
2. DESIGN OF A FILTER BANK WITH 
RESOLUTION PROPERTIES LIKE 
THOSE OF THE HUMAN EAR 
The filter bank desribed in this paper is 
based on the tree-structured use of a two-chan- 
ne1 perfect reconstructing quadrature mirror 
filter bank (PR-QMF). 
2.1 The Two-Channel PR-QMF Bank 
The design of a two-channel PR-QMF 
bank is well known [l], it is based on a half- 
band low pass analysis FIR filter, h,(n), of odd 
order, N-1, the z-transform of which is H,(z]. 
The corresponding high pass analysis filter is 
chosen as h, (n) = (-l)n ho(N-l-n), H (2) =-H (- 
z- ’ )z -~- ’ .  Since the filters reduce the handwicfth 
to half the original, the sample rate may be 
compressed by a factor of two. In figure 1 the 
entire filter bank can be seen including the 
expanders and the reconstructing filters G,(z) =- 
Hl (-2) and G, (z)  =-H (-z), these two filters serve 
the purpose of cancekg  the aliasing caused by 
reducing the sampling rate. 
Figure 1, The two-channel quadrature mirror filter bank. 
The filters have an important property 
namely orthogonality in time: 
0, m+O 
n { 1 ,  m = o }  h(n) h(7a-h)  = 
This has the consequence that each output 
sample from the compressor represents a unique 
part of the energy in the signal. In applications 
related to the human hearing this a very useful 
property since one may easily modify the signal 
at any point (strictly speaking an area around 
the point) in the time-frequency plane and then 
reconstruct the signal. 
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2.2 The PR-QMF Bank as a Time-Frequency Tool 
The relationship between wavelet 
analysis and the two-channel perfect reconstruc- 
tion quadrature mirror filter bank has been 
pointed out in recent papers [2,3]. The coeffici- 
ents that satisfy the scale-function dilation- 
equation 
& ( x )  =E 2Ck & ( 2 x - k )  * 
& 
(2) 
W )  =rr C ( f / 2 9  
j=1 
where 
~ ( f )  = ckejkf 
k 
and define a wavelet: 
$ ( x )  = 2(-1)k Ck 9 ( 2 x - k )  * 
Y ( f )  = am) 
k (3) 
are also the coefficients of a PR-QMF low pass 
filter. If a PR-QMF bank with these wavelet 
gure 2. The analysis part of a tree-structured filter design wit 
compressors omitted. The branches marked with an * contain the 
output from a wavelet analysis. 
coefficients is used in a tree-structured filter 
bank design, as outlined in figure 2, and only 
the branches containing. the lower half of the 
frequency range are subject to further filtering, 
then this filter bank will be the digital equiva- 
lent of wavelet analysis, the similarity can be 
seen from equation 2 and 3: The scale function 
is the infinite product of scaled versions of a low 
pass filter, and the wavelet is a scaled version of 
a high pass filtered scale function. I t  is possible 
to draw the output anywhere in the tree instead 
of only at the high pass filtered branches: The 
output from the column of filters to the right on 
figure 2 gives a time-frequency analysis with the 
three properties: i) constant bandwidth, ii) 
orthogonality in time, iii) an acceptable simulta- 
neous time-frequency resolution. (This combi- 
nation is not possible with the short-time Fouri- 
er transform.) 
2.3 The Masking Effects 
If a time-frequency analysis of an 
acoustic signal is to show the signal as it is 
perceived by the ear, postprocessing becomes 
necessary because of the masking effects. Psyco- 
acoustic experiments [4] have demonstrated the 
frequency masking effect: A pure tone (or a nar- 
row band of noise) may mask a pure tone (or a 
noise band) of low level. The ability to mask is 
constant within the so-called critical bandwidth 
around the (center)frequency of the masking 
component, outside this band the ability to mask 
decreases. The critical bands lies close to that of 
a one-third octave filter at high frequencies, at 
lower frequencies, i.e. below 800 Hz, the critical 
bandwidth is approximately equal to 100 Hz. 
A high level signal component may also 
mask a short duration signal appearing either 
before or after the masking component, this is 
called pre/post-masking. 
According to the models for masking 
effects the time-frequency spectrum can modified 
so that the inaudible energy is removed from the 
signal, in this way it is possible to test the 
masking model with more realistic signals than 
pure tones and random noise. It is only possible 
to modifify the time-frequency spectrum and still 
be able to reconstruct the signal because the 
filters have the perfect reconstruction property. 
With an initial sampling frequency of 
25.6 kHz the bandwidths shown in table 1 may 
be obtained with a tree structured filter bank 
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design. For comparison, table 1 also shows the 
critical bands. The filter bank has been imple- 
mented on a IBM-PC (Turbo-Pascal). 
Because of the tree structure there is a 
potential problem with overlap between the high 
Table 1. Bandwidths of proposed filter bank compared to critical 
bands. 
and low pass filters: it is important to use filters 
with steep slopes outside the pass band. I t  is 
particularly important that the first PR-QMF 
filter banks, i.e. those placed near the root of 
the tree-structure, use very sharp filters since the 
frequency response of these filter covers a large 
frequency range. Unfortunately is seems that the 
maximum obtainable simultaneous time and 
frequency resolution of a wavelet (or a PR-QMF 
bank) decreases slightly as the number of coefi- 
cients is increased [SI. Figure 3 shows a frequ- 
ency sweep analysed with the frequency resolu- 
tion shown in table 1 and with a 22 tap filter 
optimized for maximum simultaneous time- 
frequency resolution [5]; as seen on the figure 
the overlap causes some strange looking mirror 
images, and as expected these images are largest 
around 6400 kHz. In figure 4 the total frequency 
response of the filter covering 4000 Hz to 4800 
Hz is shown. The overall response is the product 
of one lowpass filter followed by three high pass 
filters, all four filters uses the 22 tap filter. 
1 I 
Figure 4. The total filter response for band 16: With a 22 tap filter 
in all 4 filters. 
encies caused by the finite slopes of the filters. 
427 
Authorized licensed use limited to: Danmarks Tekniske Informationscenter. Downloaded on July 06,2010 at 09:29:03 UTC from IEEE Xplore.  Restrictions apply. 
The figure shows several only slightly attenuated 
ripples and these rippled explains the mirror 
images seen on figure 3. 
70 tap filter is used the two first times. It can be 
seen that the ripples that caused the mirror 
images on figure 3 are reduced without chan- 
ging the passband. 
3. DISCUSSION 
4. APPLICATIONS 
The necessity of the simultanous time 
and frequency analysis in modelling the masking 
phenomenon may be illustrated by the following 
example: A signal consisting of two pure tones 
with approximately the same frequency and the 
same high level and a low level pure tone with 
a quite different frequency is analysed with the 
ordinary Fourier transform using a long time 
window. According to such analysis the tone of 
low level will be masked, but since the two high 
level tones have almost the same frequency their 
sum will be a beating tone, and during the 
cancelling period the low level tone can be 
heard. 
The at present avaliable models for the 
masking effect are relative simple and one may 
question the validity of these models since: i) 
the focus has not been on both time and frequ- 
ency, ii) the psycoacoustic experiments have 
been carried out with a limited number of 
combinations of signals, iii) the signals used in 
the experiments have had little similarity to 
music or speech. A filter bank as described here 
may be used to obtain more detailed information 
on the masking effect. 
As mentioned in section 2.3 the simul- 
taneous time-frequency resolution decreases as 
the length of the filters increases. This is not a 
serious problem; since the final resolution is 
determined by the filters that are furthest from 
the root one may choose to use the long filters 
near the root only, where a steep slope is nee- 
ded. This of course reduces the similarity to the 
wavelet analysis. Figure 5 shows the frequency 
response of the filter shown in figure 4 when a 
-.a 
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Figure 4. The total filter response for band 16: With a 70 tap fitter 
in the first 2 filters and with a 22 tap filter in the last 2 filters. 
A filter bank as described here combi- 
ned with an accurate model for the masking 
phenomena has important and promising possi- 
bilities of application: it may replace time consu- 
ming and expensive listening tests in testing 
non-linear and/or time-invariant equipment such 
as: 1) the DCC-tape recorder with a data reduc- 
tion system, 2) hearing aids with compressors, 
3) telephone systems with adaptive filters and 
speech detectors. 
5. CONCLUSIONS 
A filter bank with resolution properties 
like those of the human ear has been designed 
and implemented using perfect reconstruction 
quadrature mirror filter banks in a tree struc- 
ture. The frequency resolution of the filter bank 
is approximately that of the critical bands. The 
orthogonality of the filters used makes it pos- 
sible to simulate the masking phenomenon and 
to test the model of masking with realistic 
signals. With a valid model for the masking 
phenomenon the filter bank may replace liste- 
ning test. 
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